Abstract. This paper presents the single channel speech enhancement system using subband Kalman filtering by estimating optimal Autoregressive (AR) coefficients and variance for speech and noise, using Weighted Linear Prediction (WLP) and Noise Weighting Function (NWF). The system is applied for normal and Oesophageal speech signals. The method is evaluated by Perceptual Evaluation of Speech Quality (PESQ) score and Signal to Noise Ratio (SNR) improvement for normal speech and Harmonic to Noise Ratio (HNR) for Oesophageal Speech (OES). Compared with previous systems, the normal speech indicates 30% increase in PESQ score, 4 dB SNR improvement and OES shows 3 dB HNR improvement.
Introduction
The Kalman filter is considered optimal among other signal enhancement methods, such as Wiener filtering, spectral subtraction, wavelet denoising, etc. [1] [2] [3] . Inheritance of speech production model and non-stationary signal processing are the advantages of Kalman filtering over other speech enhancement methods [4] . The Kalman filter is first introduced for speech enhancement by Paliwal, providing clean speech Autoregressive (AR) coefficients, and noise variances using conventional Linear Prediction (LP) [5] . The further modification to [5] is done by estimating AR coefficients recursively through Expectation Maximization (EM) algorithms [6] and modeling colored noise as AR process [7] [8] [9] . The Kalman filter is used in frequency subbands for efficient and low complex processing with fewer number of AR coefficients using conventional LP [10] [11] [12] .
The Oesophageal Speech (OES) is a special type of alaryngeal speech used after the treatment of laryngeal cancer for rehabilitation of voice. Several techniques are available for speech restoration, most important being Oesophageal Speech (OES), Tracheo-Esophageal Speech (TES) and Electrolarynx (EL) speech. The OES is most used method because it requires no external device (EL) and surgery (TES). Despite its advantages, OES has low fundamental frequency and intelligibility, due to irregular vibration of esophagus and noise. The Kalman filter is also utilized to enhance the quality of OES such as, fullband Kalman filtering [13] [14] [15] and subband Kalman filtering [12] . Kalman filtering has shown significant enhancement over other methods such as source-filter decomposition [16] for enhancing source and filter [17] [18] [19] [20] , use of LF voicing source [21, 22] , and statistical methods [23] .
Speech enhancement using Kalman filter needs optimal speech, noise AR coefficients and variances. Previous methods [4] [5] [6] [7] 12, 13] use conventional LP for this purpose, but the conventional LP has the sensitivity problem with additive background noise [24] . The estimation of noise AR coefficients also needs non-speech activity detector. To overcome these problems, this paper presents the optimal subband Kalman filter by providing optimum AR coefficients for speech and noise signals usingWeighted Linear Prediction (WLP) [24] and Noise Weighting Function (NWF) [25] . The proposed system is evaluated, for normal speech by Perceptual Evaluation of Speech Quality (PESQ) score and Signal to Noise Ratio (SNR) improvement, and for OES using Harmonic to Noise Ratio (HNR). The paper outline is as follow; Section 2 provides the detailed description of the system, Section 3 provides the optimal parameter estimation, followed by simulation results in Section 4 and Conclusion in Section 5.
System design
The proposed system (KF-P) components are shown in Figure 1 , and subsequent sections provide the detail of every component.
Analysis filter bank
The analysis filterbank is used to decompose the input speech signal x(n) into different subbands. The x(n) passes through the filterbank of different Linear Time Invariant (LTI) bandpass filters, each having impulse response of ݄ ሺ݊ሻ, mathematically the frequency subband signal is [26] :
where * is the convolution operator. 
Optimal subband Kalman filter
The subband signal ‫ݔ‬ ሺ݊ሻ consists of clean speech ‫ݏ‬ ሺ݊ሻ and noise ‫ݒ‬ ሺ݊ሻ as follows:
Both ‫ݏ‬ ሺ݊ሻ and ‫ݒ‬ ሺ݊ሻ can be modelled as AR processes of order ‫‬ and ‫:ݍ‬
where ߱ ሺ݊ሻ and Γ ሺ݊ሻ are uncorrelated additive white Gaussian noises with zero mean and variances ߪ ,ఠ ଶ and ߪ ,௩ ଶ respectively. Given ‫ݏ‬ ሺ݊ሻ ൌ ሾ‫ݏ‬ ሺ݊ሻ, … , ‫ݏ‬ ሺ݊ െ ‫‬ 1ሻሿ, and ‫ݒ‬ ሺ݊ሻ ൌ ሾ‫ݒ‬ ሺሻ , … , ‫ݒ‬ ሺ݊ െ ‫ݍ‬ 1ሻሿ, above equations can be written in state-space domain for Kalman filtering:
where state transition matrices ‫ܨ‬ ,௦ and ‫_ܨ‬ሺ݇, ‫ݒ‬ሻ are :
and ‫ܩ‬ ,௦ , ‫ܩ‬ ,௩ , ‫ܪ‬ ,௦ and ‫_ܪ‬ሺ݇, ‫ݒ‬ሻ are:
Combining the above equations we have:
where ‫ݔ‬ ො ሺ݊ሻ, ‫ܨ‬ , ‫ܩ‬ , ‫ܪ‬ , and ߱ ෝ ሺ݊ሻ are given as:
The Kalman filter provides optimal estimate ‫̂ݏ‬ሺ݊ሻ of ‫ݔ‬ ሺ݊ሻ, with Kalman gain ‫ܭ‬ ሺ݊ሻ, prediction error covariance ܲ ሺ݊|݊ െ 1ሻ and filtering error covariance ܲ ሺ݊ሻ [5, 12] :
Where ‫ݔ‬ ො ሺ݊ሻ is the estimated state vector. The covariance matrix of ߱ ෝ ሺ݊ሻ is:
The desired ‫̂ݏ‬ሺ݊ሻ is given as:
Synthesis filter bank
The filterbank summation method is used to reconstruct the enhanced fullband signal ‫ݏ‬ሺ݊ሻ, using the modified frequency subbands ‫̂ݏ‬ሺ݊ሻ [26] :
Optimal parameter estimation
The optimal estimation of speech, noise AR coefficients ܽ , , ܾ , and their respective variances ߪ ,௦ ଶ , ߪ ,௩ ଶ are necessary for the optimal results of Kalman filtering. This section provides the optimal AR coefficients and variance for speech using WLP [27] , and colored noise optimal parameters by computing noise signal through NWF [25] .
Weighted Linear Prediction (WLP)
The conventional Linear Prediction (LP) sensitivity to additive background noise produces poor AR coefficients [27] . The Conventional LP AR coefficients are estimated using Minimum Mean Square Error (MMSE) criterion. The prediction error ߝ ଶ ሺ݊ሻ partial derivative with respect to AR coefficients ܽ , is set to zero [16, 27] :
Considering ‫ݎ‬ ,௫ ሺ݈, ݅ሻ ൌ ∑ ‫ݔ‬ ሺ݊ െ ݈ሻ‫ݔ‬ ሺ݊ െ ݅ሻ , the solution to Eq. (19) is:
To overcome the sensitivity of LP to additive background noise, WLP introduced weighting function ߞ ሺ݊ሻ using the Short Time Energy (STE) of size M, which provides better estimation of AR coefficients by focusing on high SNR region [24] :
Using ߞ ሺ݊ሻ , the AR coefficients can be obtained, considering ‫ݎ‬ ,௫ ሺ݈, ݅ሻ ൌ ∑ ߞ ሺ݊ሻ‫ݔ‬ ሺ݊ െ ݈ ሻ ‫ݔ‬ ሺ݊ െ ݅ሻ:
The speech variance ߪ ,௦ ଶ is [28] :
Noise Weighting Function (NWF)
The noise signal ‫ݒ‬ ሺ݊ሻ is necessary for the sub-optimum AR coefficients ܾ , and noise variance ߪ ,௩ . The NWF estimates ‫ݒ‬ ሺ݊ሻ using the ratio of noise to speech ߢ ሺ݊ሻ [25] :
where ߩ and ‫ܮ‬ are gain rise exponent and limiting factor respectively. The ߟ ሺ݊ሻ and ߛ ሺ݊ሻ are:
where ߙ ൌ The ݂ ,௦ is subband sampling frequency, and ܶ , and ܶ , are time constants controlling the noise level. The noise signal ‫ݒ‬ ሺ݊ሻ is obtained by multiplying ߢ ሺ݊ሻ to ‫ݔ‬ ሺ݊ሻ:
The AR coefficients ܾ , can be calculated by solving following equation:
Where ‫ݎ‬ ,௩ ሺ݈, ݅ሻ ൌ ∑ ‫ݒ‬ ሺ݊ െ ݈ሻ‫ݒ‬ ሺ݊ െ ݅ሻ.
The noise variance ߪ ,௩ ଶ is [28] :
Evaluation results

Speech material and system setting
The performance of proposed system (KF-P) for normal speech, is tested by male (5 speakers) and female (5 speakers) speech signals of sampling frequency 16000 Hz [29] , which are corrupted by Factory Noise (FN) and Engine Noise (EN) at different Signal to Noise Ratio (SNR) levels (-10, -5, 0, 5 ,10 dB). For OES, Spanish OES vowels \a\, \e\, \i\, \o\, and \u\are used, which are recorded from pa-thology speech rehabilitation association (6 male speakers uttered each vowel 3 times and center does not have any female speaker).
The system uses 16 subbands filterbank [29] . Each subband uses segment and overlap size of 30 ms and 15 ms respectively. The prediction orders p and q for speech and noise are 12 and 6 respectively.
The proposed system (KF-P) for normal speech, is compared with following available subband based Kalman filtering algorithms: − (KF-1){subband Kalman filtering with optimal parameter estimated recursively using conventional − Linear prediction [28] }; − (KAF-2){Subband Kalman filtering, where parameters estimated in modulation domain with conventional linear prediction [12] }; − (KF-3){ subband Kalman filtering where speech and noise parameters estimated using LMS algorithm [10] }. The proposed algorithm (KF-P) for OES, is compared with following systems: − (KF-1){fullband Kalman filter originally used for OES [13] }; − (KF-2){Subband Kalman filter in modulation domain using conventional linear prediction [12] }; − (KF-O){modification to [13] using poles stabilization [15] }. Table 1 and 2 show the PESQ scores for female and male speech, corrupted by engine noise and factory noise. The proposed system (KF-P) outperforms all other available subband Kalman filtering methods, particularly at low SNR.
PESQ
Signal to Noise Ratio (SNR) improvement
The Table 3 and 4 has shown SNR improvement for male and female speech signals corrupted by factory and engine noises. The proposed system (KF-P) has shown around 3-4 dB improvement over the other methods. 
Harmonic to Noise Ratio (HNR)
The HNR parameter is used, extensively by OES research community for quality measurement [30] . The HNR parameter is calculated using the freely available speech analysis software VoiceSauce [31] , according to following settings: segment length and overlap are 30 milliseconds and 15 milliseconds respectively, fundamental frequency estimated using STRAIGHT [32] method in the range of 50 to 120 Hz (OES fundamental frequency falls in this range), and prediction order is set to 12. The Figure 2 has shown the mean HNR improvement of 3dB over previously available methods, particularly for vowels \a\, \i\.
Conclusion
The system successfully implemented the subband Kalman filtering, by providing optimized parameters for speech and noise. The optimal AR coefficients for speech and its variance are estimated utilizing Weighted Linear Predication (WLP). On the other hand, noise AR coefficients are estimated by calculating Noise Weighting Function (NWF) for subband signals. The method has outperformed all the available subband Kalman filtering both for normal and Oesophageal Speech (OES) signals objectively. The normal speech has shown its superiority through improved PESQ scores and SNR improvement, while for OES signals, improvement has been shown by improved HNR.
